ABSTRACT In this paper, we propose a new wideband digital receiver based on the modulated wideband converter (MWC) discrete compressed sampling (CS) structure, and we further propose a uniform linear array (ULA)-based MWC discrete CS structure to estimate the carrier frequency and angle-of-arrival (AOA). The proposed receiver and ULA-based system use a bank of pseudorandom sequences to mix signals to baseband and other sub-bands. The product is then low-pass filtered and down-sampled at a low rate to obtain the baseband CS data. Meanwhile, the cross-channel signal problem can be solved flexibly, since the frequency spectrum of the cross-channel signal is all mixed to the baseband. And the sensitivity can be increased a lot, because the bandwidth of the baseband is very small. However, the CS data lose the true carrier frequency and phase differences information, because of the mixing operation.Therefore, we propose to utilize the cyclic-shifted pseudorandom sequences in the ULA-based system in order to design a special phase relationship for the CS data, and on this basis, we can get the carrier frequency estimation. Then, we correct the phase differences of the CS data to estimate AOA. Finally, simulation experiments show that the proposed systems are effective and demonstrate the superior estimation performance in the case of small numbers of snapshots and low signal-to-noise ratios.
I. INTRODUCTION
Currently wideband digital receivers are widely applied in the electronic reconnaissance to acquire signal pulse where we can get the estimations of the carrier frequency, AOA and other parameters [1] - [3] . Based on these parameters, we can identify the signal of the enemy, get technical information, and then prepare for implanting interference [4] , [5] . However, with the electromagnetic environment becoming increasingly complex [6] , conventional wideband digital receivers have met more and more challenges, including high sampling rates, complex structures, and cross-channel signal problems [7] .
In order to solve these problems, compressed sampling theory [8] - [10] provides us a new solution to construct a brand new wideband digital receiver. In [11] , an under-sampling method based on the random demodulator (RD) is proposed to decrease the sampling rate. However, the RD based system is only a sub-Nyquist sampling strategy for acquiring sparse multi-tone signals, rather than a strategy for acquiring sparse multi-band signals which are popularly utilized in the electronic reconnaissance. Reference [12] proposes a sub-Nyquist sampling method based on MWC which can realize uniform sub-Nyquist sampling for the sparse multiband signals. Reference [13] improves MWC with run length limited sequences in the mixing operation to enlarge the input bandwidth of MWC. Reference [14] proposes a distributed MWC scheme to reduce the hardware cost. In [15] , a multibranch wideband digital reconnaissance receiver based on MWC is proposed to meet the bandwidth need of modern wideband digital receivers.
Inspired by MWC principle in continuous-time domain [12] - [15] and considering the hardware implementation, we extend MWC to discrete-time domain in order to construct a brand new wideband digital receiver. The proposed multi-branch digital receiver can be easily realized by using FPGA development board which is skilled in parallel processing. We utilize pseudo-random sequences to mix signal to baseband and other sub-bands in each branch of the proposed receiver. Since the bandwidth of the baseband is very small, a low-rate analog-to-digital converter (ADC) can be applied in each branch to acquire baseband compressed sampling data which contain the full information of the original signal. The overall sampling rate is less than Nyquist rate, so the storage can be saved without information loss. Meanwhile, the whole design can also increase the sensitivity of the proposed receiver. Besides, cross-channel signal can be all mixed to the baseband, so we can solve the cross-channel signal problem easily just by dealing with the baseband compressed sampling data. Consequently, we can apply the proposed receiver in the electronic reconnaissance or the passive radar system to take the place of the conventional wideband digital receiver.
Moreover, it is an important task for the proposed wideband digital receiver to get the carrier frequency and AOA estimations [16] - [18] . In [19] , we proposed a carrier frequency estimation method based on the proposed receiver. However, we can not get the AOA estimation with that method. Reference [20] proposes a ULA based system which adopts MWC scheme [12] to estimate carrier frequency, however, we can still not get the AOA estimation with this method. In [21] , a joint spectrum sensing and directionof-arrival (DOA) recovery method which utilizes L-shaped arrays based MWC scheme [12] is proposed, however, the estimation algorithm is complex and the system will cause a lot of operations.
In this paper, we further propose a ULA based MWC discrete compressed sampling structure where we specially adopt cyclic-shifted pseudo-random sequences in the mixing operation. Firstly, we directly process the ULA compressed sampling data instead of reconstructing original signal to reduce the complexity. Secondly, based on the theory that the shifts in time domain cause the phase shifts in frequency domain, we can get the estimation of the index of the sub-band where the carrier frequency of the original signal exists. In addition, we can estimate the carrier frequency of the baseband signal with fast Fourier transformation (FFT) frequency estimation method which is often utilized in practical application [22] . However, the true phase differences of the ULA compressed sampling data are lost because of the mixing operation. So, we propose to use a phase compensation factor to correct the phase differences. Finally, we can utilize the multiple signal classification (MUSIC) algorithm [23] - [25] to estimate AOA by processing the corrected ULA compressed sampling data. We focus on the researches how SNR and the number of snapshots influence the estimation performance. Simulations demonstrate the effectiveness of the proposed ULA based system and the proposed joint carrier frequency and AOA estimation method. Moreover, we complete an approximate carrier frequency and AOA estimation by using the proposed estimation method in the case of low SNRs and small numbers of snapshots.
The remainder of this paper is organized as follows. Section II describes the proposed new wideband digital receiver based on the MWC discrete compressed sampling structure. The ULA based MWC discrete compressed sampling structure and the joint carrier frequency and AOA estimation method are given in Section III. Finally, the simulation results and conclusions are given in Section IV and V, respectively.
II. PROPOSED MWC DISCRETE COMPRESSED SAMPLING STRUCTURE BASED RECEIVER A. SIGNAL MODEL
The proposed receiver is designed for acquiring these signals which are popularly utilized in the electronic reconnaissance such as normal signal, binary phase shift keying (BPSK) signal, and so on. We design to detect and acquire the signal pulse in a very short time by using the proposed receiver. There would be only one signal detected and acquired in the short time. Furthermore, the probability for the electronic reconnaissance receiver to deal with multi-signals arriving simultaneously is very low [2] , [3] . So, we can suppose there is only one signal received by the proposed receiver in the short sampling time. The received signal in discrete-time domain can be expressed as 
where
of the original sampling data.
B. PRINCIPLE OF THE PROPOSED RECEIVER
As shown in Fig. 1 
Mp nl (4) where l denotes the index of the sub-band with 0
We define the mixing rate as f p = 1/T p = f NYQ /M p and design f p ≥ B to avoid edge effects [13] , here B is the bandwidth of the incident signal s[n] in frequency domain. According to the spectrum distribution of the mixing functionp m [n], we can divide the frequency band of a branch into M p sub-bands, and the bandwidth of each sub-band is [12] . So, the interval of the baseband can be defined as
Mp nl e
Then, the mixed signalx m [n] is low-pass filtered with a low-pass filter h[n] whose frequency response H (e j2πfT NYQ ) is an ideal rectangular function in each branch. Since the baseband of the mixed signal is in the interval
we design the cutoff frequency of the low-pass filter as f p /2 to truncate the spectrum of the mixed signal in order to get the baseband spectrum which contain the full information of the original signal because of the mixing operation. From (5), we can see that the input of low-pass filter H (e j2πfT NYQ ) is a linear combination of f p -shifted copies of X (e j2π fT NYQ ). So, after filteringx m [n] with h[n], we can get the DTFT of the filtered signal
where * denotes convolution operator.
According to (6), we can learn that the sampling data of the filtered signal w m [n] are redundant, because only frequencies in the baseband interval are preserved in the filtered signal w m [n] after filtering. So, we down-sample the filtered signal at a low rate f s = 1/T s to obtain the compressed sampling data y m [k], where T s denotes the time-interval between the compressed sampling data. For simplicity, we design f s = f p = f NYQ /M p to get the baseband interval F p uniquely, where M p is defined as the decimation factor correspondingly. We can define the compressed sampling data as y m [k] {w m [n]} ↓M p , where {·} ↓M p denotes the down-sampling operation. Since the down-sampling rate of each branch is sufficiently low, existing commercial ADCs can be utilized for the down-sampling task [12] . Besides, the number of the sampling data to be processed is decreased a lot, which can contribute to reduce the computational burden, save storage space, and transmit sampling data quickly and conveniently.
Consequently, only frequencies of the filtered signal 
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For our purposes to consider all branches, it is convenient to write (7) in matrix form, expressed as
where y(f ) is a column vector of length M with the mth element Y m (e j2πfT s ), the unknown vector
Here we use the leftshifted signal X (e j2π T NYQ (f +lf p ) ) instead of the right-shifted signal X (e j2πT NYQ (f −lf p ) ) of (7). Let us calculate the linear combination coefficients P m (l)
Mp nl (9) So, the compressed sampling matrix C of size M × M p can be expressed as
Fourier transform matrix with the column vector
We can further expand (8) as
Here we take an example to further describe the theory and advantage of the proposed receiver. Assume that x[n] is a multi-band signal with spectrally sparse level K sp = 2. We show the frequency spectrum of x[n], which are depicted as a rectangle band and a triangle band in Fig. 2 . Meanwhile, we give the Fourier transform coefficients of p m [n] , which are equidistant discrete spectral lines plotted in red lines in Fig. 2 .
According to (5) ,X m (e j2πfT NYQ ) which is shown in Fig. 3 is a linear combination of f p -shifted copies ofX (e j2π fT NYQ ). From Fig. 3 , we know the frequency spectrum of the mixed signalx m [n] is divided into many different sub-band spectrums. All information of x[n] is contained in each sub-band and only the weighted coefficients of linear combination are different, i.e., mixing operation folds frequency spectrum to sub-bands with different weights for each frequency interval, which is the reason why we can solve the cross-channel signal problem easily. Only baseband signal which is shown in solid line box in Fig. 3 is low-pass filtered and then down-sampled to obtain the compressed sampling data, which is the reason why the sensitivity of the proposed receiver increases.
III. PROPOSED ULA BASED SYSTEM FOR CARRIER FREQUENCY AND AOA ESTIMATION A. ARRAY SIGNAL MODEL
We propose a ULA based MWC discrete compressed sampling structure to estimate the carrier frequency and AOA simultaneously instead of the proposed receiver applied in the electronic reconnaissance. So, we still suppose only one far-field discrete-time signal impinging on the ULA based system which has M antenna array elements spacing d from direction θ which should be limited to the scope of AOA estimation for the ULA, i.e., θ ∈(−90 • ,90 • ) [20] . The received signal in spatial domain can be expressed as
T is the steering vector of the array, λ is the carrier wavelength, VOLUME 5, 2017 FIGURE 4. Block diagram of ULA based MWC discrete compressed sampling structure. 
where S(e j2πfT NYQ ) =
B. PRINCIPLE OF THE ULA BASED SYSTEM
In this section, a ULA based MWC discrete compressed sampling structure is proposed to carry out carrier frequency and AOA estimation simultaneously as shown in Fig. 4 . It should be noticed that the structure of the proposed receiver is very suitable to process the array signals because of the parallel multi-branch structure. We implement an antenna in each branch of the proposed receiver to build a ULA based system. In each branch of the ULA based system, the received signal is mixed by the cyclic-shifted pseudo-random sequence, low-pass filtered and down-sampled at a low rate to obtain compressed sampling data. So, the proposed ULA based system also has these advantages such as realizing sub-Nyquist sampling, solving the cross-channel signal problem flexibly, and having a low complexity of hardware implementation.
We utilize the cyclic-shifted pseudo-random sequencẽ 
So,p m [n] has a DFS andp m [n] can be expressed as
Mp (n−m+1)l (15) According to (5) 
After mixing, the spectrum of the mixed signal is truncated to obtain the baseband interval
by a low-pass filter with the cutoff frequency f p /2 and the filtered signal is down-sampled at a low rate f s = f p = f NYQ /M p to obtain the compressed sampling data. So, the DTFT of the compressed sampling datas
wheres m [k] is the compressed sampling data of the incident signal s[n] in the mth branch of the ULA based system, L 2 = L 1 /M p is the number of the snapshots after compressed sampling correspondingly. So, the mth branch output of the ULA based system in spatial domain can be expressed as only exists in an unknown l th (0 ≤ l ≤ M p − 1) subband in each branch of the ULA based system. Then, the spectrum information of other sub-bands in each branch can be approximately ignored since there are very little spectrum information of the incident signal in those sub-bands except the l th sub-band. Thus, (18) can be also written as
Considering (19), we can learn that the mixing operations make the compressed sampling data lose the true carrier frequency and phase differences. So, we can not get the carrier frequency and AOA estimation only by directly processing the compressed sampling data. In order to get the AOA estimation, we have to remove the factor exp(−j2π (m−1)l /M p ) from (19) to correct phase differences of the compressed sampling data. So, let us discuss how to estimate the sub-band index l and the carrier frequency f c firstly.
C. CARRIER FREQUENCY ESTIMATION
We randomly choose two branches of the ULA based system depicted as the mth branch and (m + 1)th branch to describe the carrier frequency estimation method. According to (19) , we can get the DTFTs of the compressed sampling data of the received signal x m [n] in the mth branch and (m + 1)th branch of the ULA based system, respectively expressed as
Then, the ratio of Y m+1 (e j2πfT s ) to Y m (e j2π fT s ) can be expressed as
/c is the time delay at the mth antenna with respect to the first antenna and c is the speed of light. In order to get the estimation of the sub-band index l , we should remove the factor exp(−j2π f τ ) from the ratio Y m+1 (e j2πfT s )/Y m (e j2π fT s ) shown in (22) . We know the difference of the time delay τ can cause τ · f NYQ sampling points delay in discrete-time domain. So, we can delay the mth branch compressed sampling data k d points to produce a phase compensation for the ratio in (22) , expressed as
Then, we make
Simplify (24), we have
Since we know the value of M p and the value of f NYQ . In addition, the difference of the time delay τ = τ m+1 − τ m = d sin(θ )/c = τ 2 can be estimated by calculating the time delay at the second antenna with respect to the first antenna [26] . So, after the delaying operation, we can further rewrite (22) as
where we define Y m (e j2πfT s )
correspondingly. Thus, we can get the estimation of the sub-band index l according to (26) , depicted as (27) Finally, the carrier frequency estimation of the incident signal s[n] can be expressed as
where f p denotes the bandwidth of a sub-band, f c is the estimation of the original carrier frequency f c , and f is the carrier frequency estimation of the baseband signal which can be obtained with the FFT frequency estimation method [22] . In order to get better carrier frequency estimation performance and fully utilize the multi-branch structure, we can utilize all branches of compressed sampling data to get a set of l estimations. Then, we choose the mode from them as the final l estimation. Since the carrier frequencies of baseband signal in each branch are all the same, we only need to process any branch of compressed sampling data to get f estimation. Finally, we can get a more accurate carrier frequency estimation f c . VOLUME 5, 2017
D. AOA ESTIMATION
We can expand (18) as
. . .
In order to correct the phase differences of the compressed sampling data, we propose to utilize a correction factor exp(j 2π M p (m − 1)l ) to multiply the mth branch compressed sampling data y m [k] according to (19) . Then, we have
is the corrected uncorrelated band-limited additive complex white noise with zero mean and σ 2 /M p variance in mth branch.
We can further write Equation (30) in matrix form
T is M × 1 corrected uncorrelated band-limited additive complex white noise vector.
As we have assumed that we can only get one source in a short sampling time with the ULA based system, we can utilize the high-resolution MUSIC algorithm [23] - [25] to process the compressed sampling dataŷ[k] in order to get the AOA estimation. The array covariance matrix is
where (·) H denotes the conjugate transpose, E{·} denotes the expectation, Rˆs = E{ŝŝ H } is the covariance matrix of the corrected compressed sampling data of the incident signal, I M denotes an identity matrix of size M × M .
As the number of snapshots is finite in practice, the practical sampling covariance matrix is given by
After eigenvalue decomposition for Rˆy, we can get MUSIC spectrum, expressed as
where U N denotes the noise sub-space. Finally, we can get the AOA estimation through searching the peak of the MUSIC spectrum P MUSIC (θ ). The estimated AOA can be expressed as
IV. SIMULATION EXPERIMENTS
We conducted computer simulations with MATLAB R2016a to validate the carrier frequency and AOA estimation performance of the proposed ULA based system. The simulations use root mean square error (RMSE) to analyze the carrier frequency and AOA estimation performance, expressed as
where J is the times of independent Monte Carlo simulations, α j denotes the carrier frequency or AOA estimation value of the true carrier frequency or AOA depicted as α for the jth trial.
A. CARRIER FREQUENCY ESTIMATION PERFORMANCE
In this section, we consider a ULA based system with ten antennas, in which the distance between adjacent elements is half-wavelength [27] . The cyclic-shifted pseudorandom sequence is completed by Bernoulli random binary ±1 sequence with M p = 100, so the bandwidth of the baseband is f p = f NYQ /M p = 22 MHz. Here ideal lowpass filter with cutoff frequency f p /2 is used and the downsampling rate f s = f p = 22 MHz is designed. Assume that a normal signal with Nyquist sampling rate f NYQ = 2.2 GHz, f c = 1 GHz and θ = 5 • impinges on the ULA based system. As we know, MWC [12] and RD [11] are the two of the most popular sub-Nyquist sampling structures. In order to validate the effectiveness of the proposed receiver and ULA based system, we carry out the same simulations with RD structure whose module parameters are designed as the same as the corresponding modules in one branch of the ULA based system as comparisons. Fig. 5(a) and Fig. 5(b) show the frequency spectrums of the RD compressed sampling data and the three branches of compressed sampling data which are randomly selected from the ULA based system with SNR = 15 dB, respectively. By comparison, we can see that the baseband compressed sampling data of the two different systems can keep the full frequency information of the incident normal signal. However, we can not get the index of the number of the sub-band where the incident signal exists just by processing only one branch of the compressed sampling data without reconstruction. Besides, we can not get the array signal model to estimate AOA due to the one-branch sub-Nyquist sampling structure. We can solve these problems with the proposed receiver and ULA system which utilize the multi-branch MWC discrete compressed sampling structure.
Then, we analyze the original carrier frequency estimation performance versus SNR with the number of snapshots L 2 = 100. The SNR varies from −10 dB to 20 dB with 5 dB steps. Monte Carlo experiments will be done 100 times in each SNR to count the RMSE of carrier frequency estimation. We set up f c = 1 GHz fixedly in each trial to get the RMSE of the original carrier frequency estimation. And in order to validate the robustness of the proposed carrier frequency estimation method, we randomly choose f c from the range [1000 MHz, 1050 MHz] in each trial for another RMSE of the original carrier frequency estimation. Besides, in order to prove that the computational complexity will decrease by directly processing the compressed sampling data, we carry out the same simulations by processing the reconstructed signal in the ULA based system, where the continuous-tofinite (CTF) and orthogonal matching pursuit (OMP) algorithms are used to reconstruct the original signal [12] and the FFT method are used to estimate the original carrier frequency. As shown in Table I , the proposed ULA based system spends about 1 s to get the compressed sampling data and about 1.6 s to get the reconstructed signal for one hundred trials, respectively. So, we can save a considerable amount of time to get the data to be processed without reconstruction. The variety of SNR has little effect on the computational complexity of the proposed system. The RMSEs of the four simulations versus SNR are shown in Fig. 6 , where CF denotes the carrier frequency. We can learn from Fig. 6 that the RMSEs of the four simulations decrease with the increase of the SNR. Moreover, the RMSE of the proposed method is far less than the RMSE of the carrier frequency estimation of the reconstructed signal in the case of −10 dB ≤ SNR < 20 dB, which validate the effectiveness of the proposed carrier frequency estimation method. Then, we discuss how the estimation of the sub-band index l and the estimation of baseband carrier frequency f influence the original carrier frequency estimation VOLUME 5, 2017 performance when the original carrier frequency is set up f c = 1 GHz. Fig. 7(a) shows the RMSE of l estimation versus SNR. We can learn from Fig. 7(a) that the RMSE of l estimation decreases with the increase of the SNR. However, when SNR ≤ 0 dB, the RMSE of l estimation will be more than 1.5, which will generate large RMSEs for the original carrier frequency estimation because of the large bandwidth of the sub-band (f p = 22 MHz). The RMSE of the baseband carrier frequency estimation f versus SNR is shown in Fig. 7(b) . It can be seen from Fig. 7(b) that the baseband carrier frequency estimation f have little effect on the original carrier frequency estimation f c .
B. AOA ESTIMATION PERFORMANCE
In this section, we analyze the AOA estimation performance versus SNR, as well as the AOA estimation performance versus number of snapshots. The simulation parameters are set as the same as the simulation above. Monte Carlo experiments will be done 100 times for each SNR or number of snapshots to count the RMSE of the AOA estimation. The phase differences of the array signal are lost when we reconstruct the original signal. So, we can not get the AOA estimation from the reconstructed signal. Furthermore, we also can not get the array signal model by using RD sub-Nyquist sampling structure which is an one-branch structure. Fig. 8 shows the spatial spectrum of the corrected compressed sampling data with the proposed method and the spatial spectrum of the uncorrected compressed sampling data with SNR = 15 dB. It can be seen from Fig. 8 that we can get the AOA estimation of the incident signal correctly by processing the corrected compressed sampling data. Moreover, we can not get the true spatial spectrum of the incident signal by directly processing the uncorrected compressed sampling data. Fig. 9 shows the RMSE of the AOA estimation and Cramer-Rao bound [28] when SNR varies from −10 dB to 20 dB with 5 dB steps and the number of snapshots is L 2 = 100. It can be seen from Fig. 9 that the RMSE of the AOA estimation and Cramer-Rao bound decrease when SNR increases. Moreover, the RMSE of the AOA estimation is very close to Cramer-Rao bound when SNR ≥ −5 dB, which declares that the proposed AOA estimation method by using the ULA based system can achieve a good AOA estimation performance. Fig. 10 shows the RMSE of the AOA estimation and Cramer-Rao bound in the case of the number of snapshots varying from 20 to 160 in steps of 20 and SNR = 0 dB. It can be seen from Fig. 10 that the RMSE of the AOA estimation and Cramer-Rao bound decrease when the number of snapshots increases. In addition, the RMSE of the AOA estimation is more and more close to Cramer-Rao bound with the increase of the number of snapshots. It also validates the effectiveness of the proposed AOA estimation method by using the ULA based system.
V. CONCLUSION
In this paper, we propose a new MWC discrete compressed sampling structure based receiver which can be applied in the electronic reconnaissance and further propose a ULA based MWC discrete compressed sampling structure to estimate the carrier frequency and AOA simultaneously instead of the proposed receiver for the first time. The proposed receiver and ULA based system both have these advantages such as realizing sub-Nyquist sampling, solving the cross-channel signal problem flexibly, and having a low complexity of hardware implementation. In order to get the carrier frequency and AOA estimation with the ULA based system, we propose to use the cyclic-shifted pseudo-random sequences to mix the received signal. The ULA compressed sampling data are directly processed to get the estimation of the index of the sub-band where the original carrier frequency exists with the proposed method. Then, we can get the original carrier frequency estimation based on the estimations of the subband index and the baseband carrier frequency. Meanwhile, we can correct the phase differences of the ULA compressed sampling data based on the estimation of the sub-band index in order to estimate AOA with MUSIC algorithm. Finally, the simulation results of estimation performance and some discussions are shown. These analyses and trials illustrate the proposed system and method are effective and may be applied to practical applications. However, considering the joint carrier frequency and AOA estimations for the multisignals in a large sampling time which is different with the assumption of this paper, we should know how to match the index of the sub-band with the corresponding signal, this may be a hard work. We will work on this aspect in the future.
